Abstract-This paper focuses on speech enhancement in hearing aids and presents an integrated approach to active noise control and noise reduction which is based on an optimization over a zone-of-quiet generated by the active noise control. A basic integrated active noise control and noise reduction scheme has been introduced previously to tackle secondary path effects and effects of noise leakage through an open fitting. This scheme however, only takes the sound pressure at the ear canal microphone into account. For an integrated active noise control and noise reduction scheme to be efficient, it is desired to achieve active noise control at the eardrum which in practice is away from the ear canal microphone. In some cases, it can also be desired to achieve noise control over a zone not limited to a single point. Two different schemes are presented. The first scheme is based on a mean squared error criterion expressed at a remote point (RP) away from the ear canal microphone and the second scheme is based on an average mean squared error criterion over a desired zone-of-quiet. They are both compared experimentally with the original scheme for both active noise control and integrated active noise control and noise reduction, respectively. The remote-point approach then allows to restore the performance of the original scheme at the desired remote point while the zone-of-quiet approach allows to increase performance up to 3 dB on the desired zone-of-quiet.
I. INTRODUCTION
S TATE-of-the-art hearing aids perform noise reduction (NR) in order to improve their output signal-to-noise ratio (SNR) and hence to allow for a better speech understanding in background noise [1] . Conventional NR systems such as the generalized sidelobe canceller (GSC) [2] or techniques based on the multichannel wiener filter (MWF) [3] are commonly used.
With the advent of efficient feedback control schemes [4] , [5] , the usage of hearing aids with an open fitting has become more common. Whereas removing the earmold reduces the occlusion effect and improves the physical comfort [6] , one major drawback is that the direct signal leakage through the fitting into the ear canal cannot be neglected anymore. Conventional NR does not take this contribution into account. Combined with the attenuation in the acoustic path between the hearing aid loudspeaker and the eardrum (the so-called secondary path), the noise leaking through the fitting can then override the action of the NR.
One efficient way to cancel this undesired noise leakage is to use active noise control (ANC) [7] , [8] . In the hearing aids framework, ANC then has to be performed together with the NR. A scheme integrating the two functional blocks based on a filtered-X [9] - [11] version of the MWF (the so-called FxMWF) has been introduced in [12] . The objectives of this scheme are to attenuate the noise component of the leakage (i.e., ANC) and to minimize the difference between an unknown desired speech signal and the signal delivered at the eardrum (i.e., NR). In practice however, the ear canal microphone, used to construct the error signal in the scheme, cannot be located exactly at the eardrum. Besides, the spatial distribution of sound sources and the geometry of the ear canal do not allow to achieve control over the complete ear canal. Therefore, the actual SNR at the eardrum is basically unknown and uncontrolled.
ANC allows to generate a zone-of-quiet based on destructive interference. The size and shape of this zone-of-quiet depend on the type of the sound sources and the frequency components of the signal to be canceled [13] - [15] . It is therefore possible to determine the performance of the scheme described in [12] at any point in the ear canal, based on the spatial distribution of the sound sources and on the position of the ear canal microphone.
Capitalizing on this idea, it is possible to define a particular design criterion, e.g., a mean squared error (MSE) criterion, at one particular point of the ear canal, away from the ear canal microphone, and to derive a filter from the minimization of this MSE criterion to control the noise at this particular remote point (RP). The RP-based filter then exhibit a structure similar to the filtered-X structure.
In a similar way, it is also possible to define an average of the MSE criterion over a desired zone-of-quiet. A filter is then derived from the minimization of this averaged-MSE (aMSE) criterion in order to achieve a control that is more robust on the desired zone-of-quiet compared to a scheme minimizing a standard MSE criterion as in [12] .
In [16] , the authors presented an integrated ANC and NR scheme adjusted to a specific zone-of-quiet. This paper will first introduce a scheme that aims to minimize the noise at a RP and extend this scheme to a scheme designed to minimize the noise power over a desired zone-of-quiet. These two approaches are then applied to a ANC scheme and to the integrated ANC and NR scheme. The performance of these schemes will then be compared with the performance of the standard ANC scheme and the integrated ANC and NR scheme [12] . Instead of a time-domain approach as in [12] , the frequency-domain approach presented in [17] is adopted here.
The signal model, the standard ANC scheme and integrated ANC and NR scheme are described in Section II. The ANC scheme and integrated ANC and NR scheme designed to control the noise at a RP are presented in Section III. The zone-of-quiet based approach to ANC and integrated ANC and NR, to control the noise over a desired zone, is presented in Section IV. Experimental results are presented in Section V and finally conclusions are presented in Section VI.
II. BACKGROUND AND PROBLEM STATEMENT
State-of-the-art speech enhancement in hearing aids is based on standard NR techniques ignoring the effects of noise leakage through the fitting and the secondary path between the loudspeaker and the eardrum. It has been shown in [12] that the leakage signal can significantly degrade the NR performance for hearing aid gains up to 20 dB. It is possible however to attenuate the leakage signal's noise component using ANC. This section introduces the signal model and notations, suggests a frequency-domain multichannel ANC and introduces a frequency-domain version of the integrated ANC and NR scheme presented in [12] .
A. Signal Model
Let be the number of hearing aid microphones (channels). The frequency-domain signal for microphone has a desired speech part and an additive noise part , i.e.,
where is a frequency-domain variable. For conciseness, will be omitted in all subsequent equations.
In practice the frequency-domain signal is obtained by taking the discrete-time Fourier transform (DTFT) of the timedomain signal . Where is the time index. In the sequel, superscripts and will also be used for other signals and vectors, to denote their speech and noise component, respectively. Signal model (1) holds for so-called "speech plus noise periods." There are also "noise only periods" (i.e., speech pauses), during which only a noise component is observed.
In practice, in order to distinguish "speech plus noise periods" from "noise only periods" it is necessary to use a voice activity detector (VAD). The performance of the VAD can affect the performance of the filters. In this paper, however, as research on VAD is a vast subject in itself, a perfect VAD is assumed so as to focus on the performance improvement owing to the zone-of-quiet approach.
The compound vector gathering all microphone signals is
A MWF will be designed and applied to these signals, which minimizes an MSE criterion (3) where is the expectation operator and is an error signal to be defined next, depending on the scheme applied.
The filter output signal (i.e., the signal to be fed into the hearing aid loudspeaker) is defined as (4) where denotes the Hermitian transpose.
The desired speech signal, as defined in [12] , is arbitrarily chosen to be the (unknown) speech component of the first microphone signal , up to a delay . This can be written as (5) (6) where the gain is the amplification that compensates for the hearing loss.
The autocorrelation matrices of the speech component and the noise component of the microphone signals are respectively given by
In a stationary scenario, and if the speech signal and the noise signal are assumed to be uncorrelated, can be estimated during "noise only periods" and can be estimated during "speech plus noise periods" using (9) (10) In practice, the correlation matrices are estimated recursively. The estimate of the autocorrelation matrix of the microphone signals is updated during "speech plus noise periods," using (11) where is an exponential forgetting factor that depends on the number of past samples to be taken into account. Here with samples at 16 kHz. This clearly exceeds the spectral stationarity of speech signals (around 20 ms) but not necessarily the spatial stationarity of the sources. It also allows to have a stable estimation for the correlation matrices, which is the main concern at this stage.
The estimate of the autocorrelation matrix of the noise component of the microphone signals is updated similarly during "noise only periods," using (12) (13) If speech and noise are uncorrelated, the estimate of the autocorrelation matrix of the speech component of the microphone signal is then given by (14)
B. MWF-Based Noise Reduction, Secondary Path, and Signal Leakage
The MWF-based NR is designed to minimize the squared distance between the filtered microphone signal and the desired speech signal . Therefore, the MSE criterion to be minimized is (15) If speech and noise are uncorrelated, the corresponding Wiener filter is (16) The filter (16) is designed without taking the effects of the signal leakage and the secondary path effects into account. Fig. 1 shows an MWF-based NR where the secondary path and the signal leakage are added.
The secondary path represents the propagation from the loudspeaker to the eardrum. In the case of hearing aids with an open fitting, this secondary path includes the effects of the transfer function that models the acoustic propagation from the loudspeaker to the eardrum (including the loudspeaker response itself) and the effects of the sound transferred from the ear canal to the open field through the open fitting (also know as vent-loss). In the context of hearing aids, this secondary path then usually acts as an attenuation. Assuming that the loudspeaker characteristic is approximately linear, the secondary path can be represented by a filter coefficient vector of length . The DFT of is then denoted . A hearing aid with an open fitting has no earmold to prevent ambient sound from leaking into the ear canal, which results in an additional leakage signal reaching the eardrum. In literature this leakage signal is also referred to as vent-through or direct sound [18] , [19] . No direct processing can be done on this signal; therefore, its SNR is generally lower than for the signal provided by the hearing aid.
Taking both the leakage signal and the secondary path effect into account, leads to the following output signal model: (17) It clearly appears that for small amplification gains the leakage SNR may affect the output SNR thus partly canceling the improvement achieved with the NR. In conclusion, whereas the secondary path and the leakage are not taken into account in conventional NR algorithms, they may degrade their performance significantly.
C. Active Noise Control
The leakage signal is not processed in the hearing aid therefore it is not possible to improve its SNR using standard NR algorithms. It is possible however to attenuate the leakage signal using ANC. In all subsequent systems, it is assumed that a microphone is present in the ear canal to provide an error signal which will be used by the ANC. This subsection presents a frequency-domain multichannel ANC used to attenuate the leakage signal as shown in Fig. 3 .
The performance of a feedforward ANC schemes is highly dependent on the causality of the system [7] . The distance between the reference microphones and the secondary source must be sufficient to allow causal design. In the case of hearing aids with an open fitting, the causality criterion ( Fig. 2) can be defined as follows:
The acoustic delay from the noise source to the ear canal microphone has to be larger than the sum of the acoustic delay from the source to one of the reference microphones , the delay associated with the processing within the hearing aid (i.e., analog-to-digital converter delays, digital-to-analog converter delays, etc.), the algorithmic delay (delay introduced by, e.g., NR, ANC, feedback control, etc.), and the acoustic delay of the secondary path . The acoustic delay is the direct propagation time between a sound source and a microphone (BTE microphone or ear canal microphone). If the source is about 1 meter away from the listener, and are about 50 taps (i.e., sampling periods) at 16 kHz (with ). In hearing aids, is just a few taps at 16 kHz.
The causality margin is then defined as (19) i.e., the delay (number of taps) that can be introduced by the DSP algorithms in the hearing aids such that the system still satisfies (18) : (20) When the DSP algorithms can introduce a delay . It is then possible to design a causal ANC. When the ANC has to be designed as a non-causal filter. In practice, this criterion does not define a hard limit but it gives an indication on the performance to be expected from an ANC scheme. The bandwidth on which it is possible to achieve good ANC performance reduces with the causality margin specified in (19) . When (20) is not satisfied, the ANC efficiency vanishes quickly [20] . Delay is thus a critical problem in ANC and many approaches have been developed to try to deal with it [21] , [22] .
In practice, to ensure the causality of the scheme, the filter coefficients are computed in the frequency-domain while the actual filtering operation is performed in the time-domain, in a similar way as presented in [21] . The time-domain delayless ANC filter is obtained by taking the -IDFT of the frequency-domain vector coefficient. The resulting time-domain filter contains an -dimensional causal part and a -dimensional anticausal part. The time-domain filter effectively applied to the microphone signals is truncated to the -dimensional causal part. The algorithmic delay introduced by the filter then reduces to . Note that, due to the inverse DFT and the truncation, the effect of causality on the frequency-domain version of the ANC schemes is unclear and difficult to analyze. Therefore, in this paper the frequency-domain ANC schemes are mainly operating on a system with a sufficiently positive causality margin , so that the effect of the truncation is indeed limited. This corresponds to neglecting the hearing aid delays in which case the causality margin typically varies between 0 taps and 3 taps (at 16 kHz), depending on the geometry of the sources. A study of the impact of causality on the performance of the time-domain integrated ANC and NR scheme can be found in [12] .
In this paper, the DFT is applied with a -tap overlap in order to obtain a filter as close as possible to the optimal filter at each time instant . This overlap value leads to a high complexity algorithm. In practice, the system to identify is varying slowly and the signals can be considered to be stationary over at least 20 to 30 ms. The overlap could then easily be reduced to . With this overlap value and using an MWF implementation based, e.g., on general singular value decomposition [23] , it could be realistic to consider implementing the FxMWF in a real-time system.
All subsequent schemes rely on a filtered-X type operation based on an estimate of the secondary path . The filtered microphone signals are then (21) The secondary path can be estimated offline using classic identification methods based for example on least mean square (LMS) algorithms [24] , or online by adding random noise to the signal exciting the secondary path, as introduced by Eriksson et al. in [25] and later refined by Kuo et al. [26] and Zhang et al. [27] .
The ANC output signal is , where the filter is designed to minimize the MSE: (22) Assuming that the secondary path identification error is small and that the filter is adapting slowly, the MSE criterion (22) can be written as follows: (23) The FxMWF minimizing (22) is then (24) Here is the correlation matrix of the filtered microphone signals and is the cross-correlation vector between the filtered microphone signals and the leakage signal : (25) (26) where denotes the conjugate of a complex number. The leakage signal can be estimated from the error signal as follows: (27) In practice the cross-correlation vector is then estimated recursively using (28) 
D. Integrated Active Noise Control and Noise Reduction
Filter (24) can be used to compensate for the signal leakage. In the speech enhancement context, however, the goal is to deliver a desired speech signal at the user's eardrum. The ANC then has to be performed together with the NR.
This subsection presents a frequency-domain version of the scheme introduced in [12] which integrates the ANC and the NR in a single set of adaptive filters and which is shown in Fig. 4 . The purpose of the NR is to provide an optimal estimate of the desired speech signal (5) . The aim is to deliver this desired speech signal at the eardrum in spite of secondary path effects and the signal leakage.
The purpose of the ANC is now to cancel the noise component of the leakage signal arriving at the eardrum. In the hearing aids context, the speech component of the leakage signal can provide cues which, e.g., are helpful for speaker localization. Therefore, it is chosen here to cancel only the noise component of the leakage signal and preserve its speech component.
The overall desired signal (at the eardrum) to be used is then (29) Hence the MSE criterion to be minimized is (30) Assuming that the secondary path identification error is small and that the filter is adapting slowly, the MSE criterion (30) can be written as follows: where the noise component of the leakage signal can be estimated, during "noise only periods," from the error signal as follows: (35) In practice, the cross-correlation vectors are then estimated recursively according to (28) .
The time-domain version of the above scheme, based on an adaptation employing an error signal (30) measured with the ear canal microphone, has been derived and evaluated in [12] .
III. INTEGRATED ACTIVE NOISE CONTROL AND NOISE
REDUCTION AT A REMOTE POINT The scheme described above achieves noise control at the ear canal microphone. Ideally, this should be located at the eardrum. In practice, however, this is not possible, i.e., the controlled point can be only located a few millimetres away from the eardrum. The ANC can then only generate a so-called zone-of-quiet around the ear canal microphone and the signal which is actually reaching the eardrum is unknown and uncontrolled.
A. Remote Point Model
To study the performance of the ANC and NR schemes over the zone-of-quiet, the ear canal microphone is chosen to be the origin of the 2-D coordinate system used to determine each point of the space [presented in Fig. 5(a) ]. It is then possible to estimate the sound pressure at a particular point in the ear canal, when the sound pressure at the ear canal microphone and the type of the sound sources generating the sound field in the ear canal are known [13] - [15] .
The external sound sources (the speech source and the noise sources) are assumed to be far enough from the hearing aid user so that the leakage signal can be viewed as a far field signal and hence a plane wave model can be used. Assuming also that the ear canal acts as a waveguide and that the plane waves from different directions are uncorrelated [28] , the sound field generated by the leakage can be modelled as one plane wave propagating along the ear canal axis (chosen to be the axis ) as presented on Fig. 5(b) . The sound pressure at point resulting from the leakage signal can then be expressed as follows: (36) where (37) with the speed of sound in air and the sound pressure resulting from the leakage signal at the ear canal microphone.
The hearing aid loudspeaker (secondary source), is located at . The ear canal is assumed to be in the near field of the hearing aid loudspeaker. A simple model to study the sound field generated by the hearing aid loudspeaker is then the monopole-point-secondary-source model [14] . The use of this model can be justified by the small dimension of the hearing aid loudspeaker. The sound field generated by the hearing aid loudspeaker is then assumed to be circular with decaying amplitude (38) where (39) with the sound pressure resulting from the hearing aid signal at the ear canal microphone (40) and defined in Fig. 5(a) . Note that the subsequent schemes can be adapted if these acoustic models are replaced by other models. The methodology applied stays valid as long as it is possible to find a mathematical model to describe the acoustic propagation from the sources (speech source, noise sources, and secondary source) to the eardrum. Using Parseval's theorem, the power of the total sound pressure signal and the SNR at point can be expressed as follows:
Interferences which are destructive at the ear canal microphone (thus allowing ANC) may become constructive at a RP. The noise component of the leakage may then be amplified at the eardrum instead of being attenuated, resulting in a low .
B. Active Noise Control
When the noise is to be controlled at a point away from the ear canal microphone and when the acoustic propagation from the sources to the RP can be modeled, the MSE criterion (22) can be rewritten at point based on (38) and (36):
Assuming that the secondary path identification error is small and that the filter is adapting slowly, the MSE criterion (43) can be written as follows: (47) is then a FxMWF-based ANC filter applied on the filtered microphone signals to attenuate the leakage signal both filtered by the corresponding acoustic models and , respectively. It can then be used to compensate for the signal leakage at a distant point .
The cost function (46) can be rewritten as follows:
The RP-based ANC scheme is then merely an FxMWF-based ANC canceling the noise , where the secondary path is replaced by .
C. Integrated Active Noise Control and Noise Reduction
In a similar way, a filter may be defined corresponding to a RP . This filter then minimizes the MSE criterion (30) rewritten at point , based on (36) and (38):
Assuming that the secondary path identification error is small and that the filter is adapting slowly, the MSE criterion (51) can be written as follows: The cost function (54) can be rewritten as follows:
The RP-based integrated ANC and NR scheme is then merely and FxMWF-based integrated ANC and NR canceling the noise and delivering the desired speech signal , where the secondary path is replaced by .
D. Single Speech Source Scenario
It has been explained in [17] that the leakage signal can be approximated by a linear combination of the input signals The estimation error is then orthogonal to the microphone signals and to the microphone signals filtered by [24] . If the filter varies slowly is also orthogonal to the microphone signals filtered by : The output SNR of the RP-based integrated ANC and NR scheme estimated at point is given by
Depending on the number of sound sources (speech source plus noise sources) the output SNR is then
The remote-point integrated ANC and NR then allows to restore the performance of the integrated ANC and NR at point [17] .
IV. INTEGRATED ACTIVE NOISE CONTROL AND NOISE REDUCTION OVER A ZONE-OF-QUIET
The ultimate goal is to control the signal at the eardrum. Therefore, it is more relevant to design a filter adapted to a desired zone-of-quiet rather than a single RP. Capitalizing on the RP-approach, this section introduces the zone-of-quiet (ZQ) model, the ZQ-based ANC scheme and the ZQ-based integrated ANC and NR scheme derived based on this ZQ model. The latter scheme has previously been presented in [16] .
A. Zone-of-Quiet Model
The average signal power and the average SNR over a desired zone-of-quiet are defined as (72) (73) where is the area of .
The filters introduced in the previous sections minimize MSE criteria at a particular point (the ear canal microphone in Section II or a RP in Section III) and may exhibit degraded performance in terms of average signal power or average SNR over a desired ZQ (see also Section V).
In order to derive new filters which are efficient on a desired ZQ the average MSE (aMSE) criterion over a desired ZQ has to be defined (74)
B. Active Noise Control
When the noise is to be controlled over a desired ZQ away from the ear canal microphone and when the acoustic propagation from the sources to a RP can be modelled, the aMSE criterion to be minimized can be written as (75) (76) Assuming that the secondary path identification error is small and that the filter is adapting slowly, the aMSE criterion (75) can be written as follows: (77) The integration being a linear operator, the aMSE criterion can be rewritten as 
C. Integrated Active Noise Control and Noise Reduction
In a similar way, a filter may be defined corresponding to a desired ZQ . This filter then minimizes the aMSE criterion (83) (84) Assuming that the secondary path identification error is small , that the filter is adapting slowly and that the noise and speech components of the microphone signals are uncorrelated, the aMSE criterion (83) can be written as (85) The integration being a linear operator, the aMSE can be rewritten as 
V. EXPERIMENTAL RESULTS
The schemes introduced in Section III and Section IV have been tested experimentally for both ANC and integrated ANC and NR and their performance has been compared with the performance of a standard ANC scheme and the original integrated ANC and NR scheme [12] described in Section II, respectively.
A. Experimental Setup
The simulations were run on acoustic path measurements obtained with a CORTEX MK2 manikin head and torso equipped with artificial ears and a two-microphones behind-the-ear (BTE) hearing aid. The sound sources (FOSTEX 6301B loudspeakers) were positioned at 1 meter from the center of the head. The speech source was located at 0 and the noise source at 270 . The BTE was worn on the left ear, facing the noise source at 270 . Commercial hearing aids currently do not have an ear canal microphone; therefore, the artificial ear simulator is used here as ear canal microphone to generate the error signal. The tests were run on 22-second-long signals. The noise was a multitalker babble from Auditec [29] . The speech was composed of three sentences from the HINT database [30] concatenated with silence periods. All the signals were sampled at 16 kHz.
In these experiments, the ear canal microphone was considered to be located 15 mm away from the eardrum. The hearing aid loudspeaker is located 20 mm away from the ear canal microphone and the angle is set to (as shown in Fig. 6 ). The MWF length is set to , and, in the case of the integrated ANC and NR schemes, the NR delay is set to half the filter length . The secondary path is estimated offline using an identification technique based on the normalized-least-mean-squares (NLMS) algorithm. The length of the estimated path is set to . The RP-based schemes (ANC and integrated ANC and NR) are designed to optimize the MSE criterion at the central point of the eardrum (point in Fig. 6 ). In the case of ZQ-based schemes (ANC and integrated ANC and NR schemes), two different zones are considered, the first zone (zone 1 in Fig. 6 ) is a section of the portion of the ear canal between the ear canal microphone and the eardrum (considered to be a 15 mm by 10 mm rectangular zone), the second zone (zone 2 in Fig. 6 ) is a section of the close neighborhood of the eardrum (considered to be a 5 mm by 10 mm rectangular zone).
The performance measure used for the ANC schemes is the residual noise power at the eardrum. The reference power is the power of the leakage signal's noise component, which can also be considered as the residual noise power when the hearing aid is turned off. Note that it can be shown from (36) that the power of the leakage signal's noise component is stationary in space, i.e., in the ear canal. The performance measure is then written as The performance measure used for integrated ANC and NR schemes is the intelligibility-weighted SNR. Evaluation of NR in hearing aids can rely on a variety of performance measures and most commonly perceptual measures such as the speech reception threshold (SRT), listening effort scaling or preference rating. Evaluating perceptual measures requires listening tests which were not carried out during this work. The intelligibilityweighted SNR, however, has been shown to be correlated with the SRT and is therefore used here as a performance measure.
The leakage SNR, which can also be considered as the SNR when the hearing aid is turned off, is used as a reference measure. Note that it can be shown from (36) that the SNR of the leakage signal is stationary in space, i.e., in the ear canal. The intelligibility-weighted SNR improvement [31] is defined as (95) for the RP-based schemes, and (96) for the ZQ-based schemes.
Here is the band importance function and and represent the output SNR at point and the leakage SNR (in dB) of the th band, respectively.
At this stage, the signals at distant point are obtained based on acoustic propagation models. A final validation of the algorithm would, however, require sound pressure measurements along the ear canal but those are not the focus of this paper.
B. Active Noise Control
The residual noise power has been computed in the ear canal and the performance is presented for a standard ANC scheme [ Fig. 7(a) ], a RP-based ANC scheme designed to minimize the noise at point [ Fig. 7(b) ], a ZQ-based ANC scheme designed to minimize the noise power over zone 1 [ Fig. 7(c) ] and a ZQ-based ANC scheme defined to minimize the noise power over zone 2 [ Fig. 7(d) ]. All these schemes are based on a FxMWF. For the first set of results presented here the hearing aid delays are neglected resulting in a causality margin . The standard ANC scheme allows to reduce the noise power by about 10 dB at the ear canal microphone but its performance is degraded to a reduction of 4 dB at the eardrum . The RP-based ANC scheme allows to reduce the noise power by about 10 dB at and therefore restores the ANC performance at the eardrum (Table I) . When the noise is to be controlled over a desired zone-of-quiet, however, the RP-based ANC scheme does not provide a satisfying approach as its residual noise power quickly increase when moving away from . The noise reduction performance of the ZQ-based ANC designed to minimize the noise over the close neighborhood of the eardrum (zone 2) is shown in Fig. 7(d) . When the standard ANC scheme achieves an average noise reduction of 6 dB over the considered zone, the ZQ-based ANC scheme achieves an average performance of about 10 dB. The maximum noise power over the considered zone then drops from 5.4 dB with the standard ANC scheme to 9.6 dB with the ZQ-based ANC scheme (Table II) . The risk of constructive interferences is then highly reduced.
When the noise is controlled over the full ear canal (zone 1), the average noise reduction delivered by the standard ANC scheme is 8 dB. The ZQ-based ANC scheme set to minimize the noise over zone 1 [ Fig. 7(c) ] achieves an average noise reduction of about 10 dB improving the performance of the standard scheme by almost 2 dB. The maximum noise power over the ear canal also drops from 5.4 dB with the standard ANC scheme to 7.4 dB with the ZQ-based ANC scheme (Table III) .
It appears that for the standard ANC scheme the noise reduction performance quickly decreases when the ear canal microphone is away from the eardrum. The RP-based approach allows to restore the ANC performance at a single point but its performance also decreases when moving away from the optimized point. When the noise is to be considered over a zone-of-quiet, the ZQ-based approach has shown to provide significant performance improvement. It also allows to keep the maximum noise power over the zone-of-quiet at a lower level than with the standard ANC scheme, thus preventing for possible constructive interferences. The performance detailed above is obtained for a sufficiently high causality margin . It is important, however, to keep in mind that the causality can greatly affect the performance of any ANC-based scheme. Therefore, Tables IV-VI present the performance of the standard ANC scheme, the RP-based ANC scheme and the ZQ-based ANC scheme when the system is slightly non-causal . Tables VII-IX present the performance of the standard ANC scheme, the RP-based ANC scheme and the ZQ-based ANC scheme when the system is highly non-causal . When the ANC has to operate on a setup with a negative causality margin , the noise power reduction performance at the ear canal microphone is degraded from about 10 dB (with ) to 4.5 dB. This performance is reduced furthermore at the eardrum to a noise power reduction of about 3 dB. The RP-based approach allows to almost fully restore this performance at the eardrum while the ZQ-based ANC scheme allow to restore about 0.5 dB to 1 dB of the average noise reduction over the desired ZQ, depending on the ZQ considered. When the causality margin is slightly negative the performance of the ANC schemes is degraded but the behaviour of the RP-based scheme and the ZQ-based scheme stays the same as when operating on a causal setup.
When the causality margin is further reduced the performance of the standard ANC scheme is degraded and any change due to the RP-based scheme or the ZQ-based schemes is insignificant.
C. Integrated Active Noise Control and Noise Reduction
The SNR has been computed over the ear canal and the aSNR has been computed over the two zones of quiet for the output of the original integrated ANC and NR scheme the RP-based integrated ANC and NR scheme designed to minimize the MSE criterion (51) at point , a ZQ-based integrated ANC and NR scheme designed to minimize the aMSE criterion (83) over the ear canal (zone 1) and a ZQ-based integrated ANC and NR scheme designed to minimize the aMSE criterion over the neighbourhood of the eardrum (zone 2). It has been shown in the previous section that, with a negative causality margin, the performance of the ANC-based schemes is degraded. Therefore, the results presented in this section are obtained while neglecting the hearing aid delays , i.e., the causality margin . A more complete study of the impact of the causality on the performance of the integrated ANC and NR scheme can be found in [12] .
The original integrated ANC and NR scheme delivers a SNR of about 9 dB at the ear canal microphone but its performance is fluctuating over the ear canal [ Fig. 9(a) ] and its output SNR eventually decreases to 4.4 dB at the eardrum . The RP-based integrated ANC and NR scheme delivers a 9.7 dB SNR at and therefore restores the original integrated ANC and NR scheme performance at the eardrum (Table X) . When the noise is to be controlled over a desired zone-of-quiet however, the RP-based integrated ANC and NR scheme does not provide a satisfying approach as its SNR quickly decreases as moving away from . The SNR performance of the ZQ-based integrated ANC and NR scheme designed to minimize the noise over the close neighborhood of the eardrum (zone 2) is shown in Fig. 8(b) and compared to the performance of the original integrated ANC and NR scheme over the same zone [ Fig. 8(a) ]. When the original integrated ANC and NR scheme achieves an aSNR of 4.9 dB over the considered zone, the ZQ-based integrated ANC and NR scheme achieves an aSNR of about 9 dB. The minimum SNR over the zone then increases from 4.1 dB with the original integrated ANC and NR scheme to about 8 dB with the ZQ-based integrated ANC and NR scheme (Table XI) .
When the zone-of-quiet to be considered is the full ear canal (zone 1) the aSNR [ Fig. 9(a) ] delivered by the original integrated ANC and NR scheme is 6.4 dB. The ZQ-based integrated ANC and NR scheme designed to minimize the aMSE over zone 1 [ Fig. 9(b) ] delivers an aSNR of 8.3 dB. The minimum SNR over the ear canal then increases from 4.1 dB with the original ANC and NR scheme to about 5.9 dB with the ZQ-based integrated ANC and NR scheme (Table XII) .
It appears that the performance of the original integrated ANC and NR scheme quickly decreases when the ear canal microphone is away from the eardrum. The RP-based approach allows to restore the integrated ANC and NR scheme's performance at a single point but its performance also decrease when moving away from the optimized point. The ZQ-based approach, adjusted to the zone on which the noise is to be cancelled, exhibits improved performance in aSNR compared to the original integrated ANC and NR scheme. It also allows to improve the minimum SNR, therefore reducing the impact of the performance degradation where it is most significant.
VI. CONCLUSION
It has been shown in the previous work that ANC provides an efficient solution to the signal leakage problem in hearing aids with an open fitting. The integrated ANC and NR scheme allows to control the noise at the ear canal microphone. Ideally, this microphone should be located at the eardrum. In practice however, the ear canal microphone is away from the eardrum and hence the sound reaching the eardrum is basically unknown and uncontrolled.
The RP-based approach presented here is based on an MSE criterion expressed at a RP away from the ear canal microphone. The RP-based approach applied to the ANC scheme and the integrated ANC and NR scheme, has been shown to restore the performance of the original schemes at the RP. Besides, the structure of the filters that are derived based on the RP-based approach is very similar to the well-known Filtered-X structure. Under a single speech source scenario and when the number of sound sources (speech source plus noise sources) is less than or equal to the number of hearing aid microphones, it is possible to derive a formula for the RP-based integrated ANC and NR SNR performance. This confirms that the RP-based approach allows to restore at an RP the integrated ANC and NR scheme SNR performance at the ear canal microphone. The RP-based approach, however, cannot be a satisfying approach when the noise is to be controlled over a ZQ rather than at a single point.
The so-called ZQ-based approach allows to optimize the average of a particular design criterion, here the MSE criterion, over a ZQ generated by the ANC. This approach, applied to the ANC scheme and the integrated ANC and NR scheme, exhibits improved performance, compared to the original schemes, especially when the noise is to be canceled on a zone that is away from the ear canal microphone. The ZQ-based approach also allows to reduce the impact of constructive interference over the desired ZQ.
The ZQ-based approach thus provides a more robust and more realistic way to apply ANC and solve the signal leakage problem in the framework of hearing aids with an open fitting.
